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(54) Adaptive removal of disturbance 

(57) Methods and apparatus are disclosed for sup- 
pressing transmitter burst mode disturbances in an 
audio band. The method and apparatus detects those 
signal frames wherein the input signal contains signal 
energy comprised substantially of only the disturbance 
signal; characterizes the disturbance signal in the 
detected signal frames to obtain a disturbance signal 
correction; and compensates the input signal, only for 
those signal frames where a transmission burst exists, 
using the obtained disturbance signal correction so as 
to remove the disturbance signal from those signal 
frames that contain voice, and also from certain signal 
frames that do not contain voice. Frequency hopping 
embodiments of disturbance removing circuitry are also 
disclosed. 
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Description 



5K^^!^^5L to mSth0dS mS ^ T ™ ° iviSi0n ***** ACC «* ™A) induced 

JSL DiViS !° n MU,tiP u ACCeSS (TDMA) SyStem transmits and recsives da * a in time slots. Well-known types 
of wireless TDMA systems are the European digital cellular telephone system known as the Global System f 0 T M obS 

thaTaTo^^ 

a TX W ^ S ' 9 ' S COncentrated in 1/8 of *• fra ™ *na The transmitted time slot is Sten 

[0003] Acoustic peripheral devices induce harmonics of these TX bursts. The result is an undesirable audible hum 
m.ng sound hat emanates from the loudspeaker. The magnrtude of the hum depends on a n^SSSfSSj 

device the mer.han.cal construction of both devices, the strength of the received signal in the GSM ttSSiSttS? 
turn determines the strength of the transmitted signal, the phase of the cal! (ag.. the call ^^^S^^' 

th^H-^ k 6R transmi1ter and the Peripheral device can be mechanically constructed in a predetermined man-w 
the audible humming can be eliminated by preventing the induction of TX energy into the audto bSd c rc^te (To^; 
this not always possible or desirable. For example, mobile station (e.g.. cellule WSJljSm^^^^ 
ica By sold as separate units that connect to a mobile station through a standard interface ^sl^U' ^TJ^' 
r^S TT* ' ayOUt and rS ' atiVe P ° Siti0nS ° f fitter and the audio baS courts ' ° ^ 

K c ♦ <r ^" ency f the induced ^ «9nal corresponds to the frame time, wherein one time slot (and the TX 
burst) is transmitted per frame from the mobile station. For the GSM casp one frame is 4 81 J m- in Zr^Z J? 

the mechanical construct.on. as well as the distance to the audio device, ihe orientation of the devfce Se SSS* 
terL Tnf n T ** IZ*"^ ™rophone, etc.. and can vary significantly with changes* ftettm^STSlSS 
ESe? SS! U " deSirable disturbanc * in Ph-* **>• and amplitude cannot thus be deterrSd if^T 
STf J r ?^ H° re - b f CaUSG ° f thS multi - frame st ™ture GSM and the multiplexing of different logfcJSieis 

SACCH) are inserted every 1 3th frame and IDLE frames are inserted every 28th frame (for a full rate traffic rh^nJl 
resulting ,n drop outs of the disturbance every 120 ms. For half rate frames, every 26th frame con ^^ams *f o A cr h b i 

(Wmodi^nZ^^^ cydo-statJonary disturbance arises from the Discontinuous Transmission 
hw £nT^« '* erat ' on ; The DFX mode is us«5d in order to reduce overall interference of multiple us*rs in the svstem 
alZ lu 5 T. dato ° n ' y Wh6n US6r is talkin S- Furthermore, in GSM there exists a so^l i hanSer 
sZTJJZ^T^T^" 9 T 31 ^ DTX fUnCt, '° n n0t mute ,he transmission imm^S when no 

[0008] Rg. 1 illustrates one example of a disturbance g that is induced into the audio signal of a oeriDheral device 2 
that j connected to a GSM Fixed Wireless terminal 1 via a 2-wire connection comprised of an oWte££ ifne 

aSd SrS 7ZZ T ne M 1 • ^ t,Ybrk t 3 01 Peripherai **» 2 connection^orn twS to" w' re 

» 6 ^ ma! 1 C °° neCtS ,he Signal back to a 4 ' wils Th e GSM disturbance is induced insid^ine 
penpheral device 2 and generates a disturbance in both loudspeaker signal iOa and microphone sfqnalTi? ?S. intt 

Sn^L N h 6 Ca ?o i ! , ^ ted Rg 1 th6 GSM disturba "ce 1 0a that is detectable in the output of the loudspeaker 1 0 

S ^ de tecti rn ^Se " d,r6Ct, °" ° f ^ micr °P hone line 1 1 a ^ a resu.t the audible humming can also 

pressS P 6 anSWenn9 Ph ° nS - H0WSver ' mis disturbance can be directly measured and su P ° 

Sfr 0 r b r^ 

[001 1] It would be desirable to reduce or eliminate an audible disturbance that is coupled into a Fixed Wireless termj- 
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nal through an attached peripheral devise (e.g., an ordinary telephone device), the disturbance resulting from a burst 
mode operation of a transmitter. 

[001 2] It would be desirable to reduce or eliminate an audible disturbance that is coupled into a Fixed Wireless termi- 
nal through an attached peripheral device (e.g., an ordinary telephone device), the disturbance resulting from burst 
s mode operation of a transmitter, while also taking into account irregularities that may occur in the transmitted bursts due 
to operation with a multi-frame structure and discontinuous transmission. 

[001 3] The foregoing and other problems are addressed by methods and apparatus in accordance with embodiments 
of this invention for suppressing transmitter burst mode disturbances in an audio band. The method and apparatus 
extracts a TDMA burst interference signal portion from a disturbed signal and processes the disturbed signal to gener- 
ic ate a compensation signal. Logic is provided to r ecognize the multi-frame structure and the DTX mechanics of GSM, or 
any burst type (TDMA) air interface standard of interest, such as one defined by IS-136. 

[0014] In accordance of this invention, a method for removing a disturbance signal from a framed input signal that is 
induced by a transmitter that transmits bursts of energy includes the steps of: (a) detecting those signal frames wherein 
the input signal contains signal energy comprised substantially oionly the disturbance signal; (b) characterizing the dis- 
75 turbance signal in the detected signal frames to obtain a disturbance signal correction; and (c) compensating the input 
signal, only for those signal frames where a transmission burst exists, using the obtained disturbance signal correction 
so as to remove the disturbance signal from those signal frames that contain voice, and also from certain signal frames 
that do not contain voice. 

[0015] The step of detecting the disturbance includes a step of filtering the input signal with filters matched to har- 
20 monic frequencies of the interference and to frequencies between the interference frequencies. Suitable matched filters 
can be. by example, Goertzel filters. Also included is a step of determining from the signal powers in each detected fre- 
quency whether the signal contains only interference or if there is also some other signal (e.g., speech) present. 
[0016] The step of characterizing the disturbance preferably employs an adaptive line enhancer (ALE) type of adap- 
tive Finite Impulse Response (FIR) filter to which the pure (detected) disturbance signal is fed. The FIR-ALE filter 
25 adapts to a continuous signal and extracts it from discontinuous signals, such as background noise. 

[001 7] For vocal components of speech the case is not so simple, since the vocal components also exhibit a contin- 
uous behavior. A such, the input signal is fed to the FIR-ALE only when the pure disturbance signal is detected to be 
present. From the input signal the interference portion is extracted after the signal has passed through the FIR-ALE fil- 
ter. The coefficients of this adapted filter can then used to remove the disturbance portion of the signal also when there 
30 are other signal components (e.g., speech) presently feeding the input signal to a FIR filter which has the same filter 
coefficients as the adaptive filter. 

[0018] The input signal can be compensated by subtracting the extracted interference portion from the input signal. 
This compensating is done for ail signal portions during which TX bursts have been transmitted. Signal samples taken 
during IDLE frames can be left uncompensated since they do not include interference. During the DTX mode of trans- 
35 mission all signal frames detected (by VAD) to have audible signal, except IDLE frames, are compensated. In addition 
to these frames there also exist CNU frames during which the TX burst is transmitted. Samples taken during CNU 
frames are also compensated. 

[001 9] A disturbance removal system and method for a frequency hopped embodiment is also disclosed. In this case 
a method: (a) provides a plurality of allocatable buffers for. storing information concerning a particular frequency used 

40 during the frequency hopping; (b) computes a normalized summed square difference for each buffer to yield normalized 
residuals R n ; (c) compares each normalized residual R n against an adaptive threshold; and, when all R n are larger than 
the adaptive threshold, (d) allocates a new buffer. If all R n are not larger than the adaptive threshold, the method instead 
(e) updates a buffer where R n is found to be the smallest and less than the adaptive threshold; and (f) increments an 
associated buffer counter. In a presently preferred embodiment the adaptive threshold has a value that is determined 

45 using a sliding median filter that is updated on every occurrence of a residual R n being found to be smaller than the 
adaptive threshold. The method further periodically tests the buffer counters, and if a buffer counter is found to be equal 
to or less than a threshold value, frees the associated buffer for use. This prevents a buffer from being permanently allo- 
cated after noise causes the buffer to be allocated. TTie above set forth and other features of the invention are made 
more apparent in the ensuing Detailed Description of the Invention when read in conjunction with the attached Draw- 

so ings, wherein: ». 

Fig. 1 is a block diagram of a Fixed Wireless terminal device configuration. 

Fig. 2 illustrates an embodiment of a disturbance removing system as implemented in the DSP of the Fixed Wire- 
££ less terminal in Fig. 1 . 

Fig. 3 is a block diagram of the interference (disturbance) detector shown in Fig. 2. 
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Fig. 4 is a diagram showing different control actions of a method of this invention. IDLE frame and DTX logic and 
operations are illustrated. 

Figs. 5a through 5d illustrate control operations during IDLE frames and DTX operations. 

5 

Figs. 6a and 6b illustrate the control of the continuity of the signal that is fed into the adaptive FIR-ALE, and show 
the operation of a peak detector. A result of feeding discontinuous interference into the FIR-ALE would be an erro- 
neous filtering for some period of time, a situation that is avoided in the presently preferred embodiment of the 
invention. 

Fig. 7 illustrates an embodiment of an error signal extractor and buffer for use in a frequency hopped burst trans- 
mission system. 

Fig. 8 is a logic flow diagram illustrating the operation of the embodiment of Fig. 7. 
is In the ensuing discussion of Figs. 2-6 those components that are shown in Fig. 1 are numbered accordingly. It 

should be realized, however, that the DSP 6 is modified so as to operate in accordance with the teachings of this 
invention. 

[0020] By way of introduction, in order to remove the 21 7 Hz and harmonics disturbance signal, in accordance with 

20 the teachings of this invention, the disturbance signal is first extracted from the digitized audio signal by the DSP 6. 
[0021] This is done in an adaptive filtering section shown in Fig. 2. It cannot, however, be assumed that the amount 
of induced disturbance on the microphone line 11a (see Fig. 1) is equal to the disturbance on the earphone line 10a, 
as both paths through the hybrid 3 are electrically and mechanically different. Measurements have shown that this is 
typically the case. As a result, disturbances are suppressed only in the direction of the microphone line 1 1a. The dis- 

25 turbance extraction may be performed through the use of an Adaptive Line Enhancer (ALE), which is an adaptive filter. 
[0022] In Fig. 2 the disturbance removing device (which is preferably implemented at least partially as instructions 
executed by the DSP 6) includes an input buffer 20 for storing the digitized input signal. An output of the buffer 20 is 
applied to an Idle frame and DTX logic block 22 which is coupled to an Idle frame pointer 24 and TX start and TX stop 
blocks 26 and 28, respectively. The TX start and TX stop blocks 26 and 28 control the state of a switch 30 that selec- 

30 tively connects the output of the Idle frame and DTX logic block 22 to one of an interference detection block 32 or a nor- 
mal filtering block 34. The interference detection block 32 has associated flags 36 which control the state of a second 
switch 38 so as to selectively connect the output of the interference detection block to one of the normal filtering block 
34 or an adaptive filtering block 40 (preferably a FIR-ALE). The adaptive filtering block 40 provides filter coefficient infor- 
mation 40a to the normal filtering block 34. The outputs of filter blocks 34 and 40 are provided to an output buffer 42, 

35 which provides an output signal, such as a speech signal, that is preferably free of interference disturbances resulting 
from TDMA operation. 

[0023] Although ALE-filters (see Fig 4.) tend to adapt to the narrowband component of an input signal, they typically 
require a significantly large delay at the input in order to prevent long vocals in speech from interfering with disturbance 
extraction. To overcome this drawback the use of the interference detection block 32 is preferred! The interference 
40 detection block 32 detects those input signal portions which are comprised mainly of interference and sets the appro- 
priate flags 36 according to this interference information. When an input signal block is detected to be mostly interfer- 
ence, it is filtered with the adaptive FIR-ALE 40. When the coefficients of the FIR- ALE 40 are converged, the output of 
the adaptive filter 40 is a substantially interference free signal. 

[0024] For those portions of the input signal that also contain speech, or are interference free, the normal FIR filter 
45 34 is used. The normal FIR filter 34 preferably operates with the same filter coefficients as the adaptive FIR-ALE 40, as 
indicated by the coefficient information 40a passed from the adaptive filter 40 to the normal FIR filter 34. The normal 
FIR filter 34 thus extracts the narrowband interference signal which is subtracted from the input signal to obtain the 
interference free output signal at the output buffer 42, 

[0025] It is noted that in Fig. 2 two separate FIR filters have been shown: the adaptive filter 40 and the normal (non- 
50 adaptive) filter 34 which, however, uses the same coefficients as the adaptive filter 40. It should be realized that it may 
be preferable to use only one filter wherein the adaptation is interrupted by forcing the error signal to zero when there 
is no disturbance present or when the input signal includes speech. In this case some additional control is required 
when the adaptation is once again enabled after a speech period. When the adaptation is enabled, the delay line 40B 
of the filter should include a "pure" disturbance signal in order to prevent misadaptation. This can be accomplished by 
55 using two delay lines. The first delay line contains the last samples during which the coefficients of the filter have been 
adapted, while the second delay line is the delay line which is used during filtering. At the beginning of the adaptation 
the samples which include only the disturbance signal are copied from the first delay line to the second (actual) delay 
line. 
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[0026] In principle, when there is no disturbance in the signal, the filtering of the signal adds some disturbance to the 
signal. However, it has been found that the disturbance does not disappear suddenly, but instead that filter 40 has time 
to adapt to the decreased disturbance. When the disturbance has totally disappeared, the coefficients of the filter 40 
have become so small that the filtering has no audible effect on the output signal. 
5 [0027] It is also within the scope of the teaching of this invention to set the first coefficient to one and force the other 
coefficients to zero when there is no disturbance present in the four frames which are transmitted after the Voice Activity 
Detector (VAD) flag changes to zero (to indicate a cessation of speech). 

[0028] It is further noted that the input buffer 20 is used oniy for those frames when the transmitter is on. During Idle 
frames and during the DTX mode (when the transmitter is off), the samples are not copied to the input filter 20, but are 
io instead forwarded directly to a speech coder input buffer. During those frames which are transmitted, the output buffer 
42 of the disturbance removal filter is instead copied to the input buffer of the speech coder, it should be noted, however, 
that these buffers can be physically the same data addresses in the memory of the DSP 6. 

[0029] Referring now to Fig. 3, the interference detection block 32 is comprised of an input buffer 32A, a matched 
filtering block comprised of various filters 32B-32H, and a decision logic block 321 providing an output to the interference 

15 flags block 36. In the presently preferred embodiment of this invention the matched filters are implemented as Goertzel 
filters which provide a relatively simple method to calculate the signal power in a certain frequency band. In the illus- 
trated embodiment a 217 Hz matched filter 32B is provided, as are first harmonic (434 Hz), second harmonic (650 Hz) 
and n th harmonic matched filters 32 D, 32E and 32H. The insert drawing depicts the construction of a Goertzel filter, 
such as the matched filter 32G. Also provided are selected matched filters 32C, 32E and 32G each providing an output 

20 indicating the power at a selected frequency f -j . f 2 , etc. 

[0030] After calculating signal powers at the interference frequency and its harmonics, as well as the selected fre- 
quencies, a decision is made in block 32 1 whether the signal is comprised mainly of interference. If there is some other 
signal present as well (e.g., speech detected by one or more of the matched filters 32C, 32E, 32G) the decision logic 
block 32 1 determines that the input signai does not contain pure interference and sets the interference flag to a 

25 'Nojnterference* position. Together with the information of the interference decision of the present signal block, infor- 
mation regarding the interference decision of the previous signal block is also maintained. 

[0031] In Fig. 3 the interference detection is accomplished by comparing the signal powers at certain frequencies. 
The signal power of the interference frequencies (217 Hz and harmonics) and frequencies lying in between the interfer- 
ence frequencies are calculated with the matched Goertzel filters 32B-32H. Assuming that frequency fj is set to the cho- 
30 sen value and f s is the sampling rate the output power at the selected frequency can be calculated with the following 
equation: 

\X(fi)\ 2 = \S(n)\ 2 - 2 co$(-ji) S(n)S(n -1) + \S(n- 1)\ 2 

35 f 

[0032] The decision of interference/not interference is based on the signal power information. When the signal powers 
of the interference frequencies are larger by some threshold amount than the power of the in-between frequencies the 
input signal can be determined to be mainly interference. In order to be declared as interference the signal powers in 
40 each interfering frequency preferably also have a predetermined relationship to one another. Only if these two condi- 
tions are met is the input signal determined to contain mostly interference, and thus it can be used for extracting the 
interference component from the input signal. 

[0033] In the presently preferred embodiment the interference detection is performed every 20 ms for input signal 
frames wherein DTX is not active, if DTX is active, such as Tx-off or TX-on, during the input signal frame the signal is 
45 always treated as if it does not contain only interference, and is filtered with the normal filter 34 of Fig. 2. This action can 
be controlled by a second flag (e.g., a DTX active flag) connected to the switch 38. 

[0034] When the signal is instead detected to contain mostly interference it is filtered with the adaptive FIR-ALE filter 
40. which is shown in greater detail in Fig. 4. It is noted that although the adaptive filter 40 is implemented as an adap- 
tive Least Mean Squares (LfvlS) algorithm 40 A. other adaptive algorithms such as a Normalized LMS or NLMS could 
so be used as well. With the LMS embodiment the coefficient update equation is: 

H(n) = H(n-1)+2ue(n)x(n) 

where u is the adaptation coefficient, H is the filter coefficient vector, e is a filtering error, x is an input signal vector and 
55 n is present time. The adaptation coefficient u is typically about 0.1 . The adaptive FIR-ALE filter 40 delays the input sig- 
nal x(n) with coefficients H(n-1). The output y(n) is then subtracted from the input signal to obtain the error signal e(n). 
The filter coefficients are then adjusted with respect to the previously mentioned coefficient update equation. 
[0035] The delay in the input is used to decorrelate the input data. After some time to allow for adaptation the output 
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samples are not process* a ' ™ e " , " e " n 9 ^'"^^^^"P'M'momesigna 
Se^eSTe^ 

the ALE filter 40 is 0.1 . eari,er ' the P re,enr «l value for the adaptation constant of 

\HESl S' 53 descrtoes the operation of the circuitry during GSM Idle frames. 

5d iilustrate the operation of M^^SZ^^S^ "* ^ ,0 ' , '* erin9 ^ 5b th ™9 h 

k^:^ ss: £-s sis <? a r he normai ,i,ter 34 * is — - 

uses a peak search algorithm for this P u£o«e * Cyclo " stat ' onar y- P^sent,y preferred solution 

irterferencearrfwasthereirefnpu^^^ 
the delay line 40B of the LMS JS^T^SITX^ ?T*l" *"* ^ **** th * input Si9nal ,rame and 

EX, 3?iSSi'J2 S^tlTi: '"Th"^ 0 DTX 22 ' ,0CateS the «**num of both 
delay line 40B. IHhe 2S ££££££ X? T* kT^ S3mP ' eS * the adaptive «•* 

is filtered with the norma, filter 34 The peak selrS T^?'' *° b be '° W ?hreshold ' the *■«"• 

matches the peaks so that the distance be^om^^ betW6en peak va,ues and 

regard, if the signal is sampled at 8 kHz 3^fle^^iaIL^ ^ ,' S ° n6 ,nterferen <* ^iod. In this 
[0044] Filtering of the input signal after V^S^S^^ * ' S dOSe 4 ° 1)16 ™ period of 4 615 ™- 
are to be skipped in order to have a coSnuou rSS^^^^r^TT 1 ^ ^ ^ Samp,es that 
the normal filter 34 and the result is rt^^ii^^f 0 , . 6 adapt ' Ve f delay ,ine 406 are f '"©red with 
the signal samples are f Lred^n he aSve f WeV 40 32 Z ?™ ? *? ffltar OUtpUt 42 " The remainder « 
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oT^rem^ 2 " * G ^ d ^* a "« signal, in accordance with the 

and is then used to compete ^ the dWta,d aUdi ° Si9nal b * the DSP 6 

turbance 1 1a on the microphone IneTe^utl to S ^^J^T'' 5 3SSUmed ^ the am ° Unt °' induced dis ' 
hybrid 3 are electrica.ly and me C hanicai?Se^ ^«2L[^ , ' P ^ 35 ^ thr ° Ugh 1,16 
microphone line. Querent. As a result, distuibances are suppressed in the direction of the 
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larger than the adaptive threshold, an attempt is made to allocate a new buffer 56, otherwise the buffer is updated where 
the difference (and thus R„) was found to be the smallest. A buffer update causes an increment of the associated buffer 
counter 58. Every 26th disturbance burst (i.e., one multi-frame in GSM) the counters 58a-58d are tested. If a counter 
value is found to be less than or equal to one, the corresponding buffer 56 is freed (the associated flag 60 is reset) and 

5 is available for allocation. The counter value of one is used so as to eliminate those buffers 56 that may have been allo- 
cated due to an erroneous determination of the disturbance energy during one burst. The number of buffers 56 having 
a counter 58 value greater than one is indicative of the number of different TX frequencies that are being used in the 
frequency hopping scheme, and each buffer contains information regarding the magnitude of the disturbance associ- 
ated with that particular frequency band. Using this technique it is ensured that both slowly varying changes and rapidly 

70 varying changes can be learned efficiently. 

[0048] The adaptive threshold (AT) is computed using, preferably, a M deep sliding median filter 68 that is updated on 
an occurrence of every minimum value of R n . In a practical implementation with minimal frequency hopping the number 
of required buffers 56 can be as few as four (as illustrated). 

[0049] In the frequency hopping embodiment, wherein the transmitter transmits bursts of energy in different frequency 
is bands, the extraction of the disturbance signal determines a multidimensional Euclidean distance between disturbance 
signals transmitted in the different frequency bands. : 

[0050] More particularly, and referring to Fig. 7, in this case the extraction of the disturbance signal includes the steps 
of: (A) providing a plurality of allocatable buffers 56; (B) computing a normalized summed square difference for each 
buffer 56 to yield normalized residuals R n ; (C) comparing each normalized residual R n against an adaptive threshold 

20 (AT); when all R n are larger than the adaptive threshold, (D) allocating a new buffer 56; else, (E) updating a buffer 56 
where R n is found to be the smallest and less than the adaptive threshold, and incrementing the associated buffer coun- 
ter 58 (BUF_CNT+1). Further steps include (F) periodically' testing the buffer counters 58, and if a buffer counter 58 is 
found to be equal to or less than a threshold value (e.g., one), (G) freeing the associated buffer 56 for use by resetting 
the associated buffer flag 60 (BUF_FLAG=0). In the described embodiment the adaptive threshold has a value that is 

25 determined using the sliding median filter 68 that is updated on every occurrence of a residual R n being found to be 
smaller than the adaptive threshold. 

[0051 ] Although described primarily in the context of GSM. those skilled in the art will recognize that the foregoing 
teachings apply as well to any of a number of different types of digital cellular protocols that transmit information in 
bursts at assigned times. For example, a system based on the TDM A IS-136 protocol can also take advantage of this 
30 invention. In fact, any system that makes repetitive transmissions, including many Code Division Multiple Access sys- 
tems, can employ the teachings of this invention. 

[0052] Thus, while the invention has been particularly shown and described with respect to preferred embodiments 
thereof, it will be understood by those skilled in the art that changes in form and details may be made therein without 
departing from the scope and spirit of the invention. 

35 ■ 

Claims 

1. A method for removing a disturbance signal from an input signal that is induced by a transmitter that transmits 
bursts of energy during signal frames, comprising trie steps of: 

AO 

detecting those signal frames wherein the input signal contains signal energy comprised substantially of only 
the disturbance signal; 

characterizing the disturbance signal in the detected signal frames to obtain a disturbance signal correction; 
45 and 

compensating the input signal, only for those signal frames where a transmission burst exists, using the 
obtained disturbance signal correction so as to remove the disturbance signal from those signal frames that 
contain voice, and also from certain signal frames that do not contain voice. 

so 

2. A method as in claim 1. wherein the step of detecting includes a step of filtering the input signal with fitters matched 
to the fundamental frequency and at least one harmonic frequency of the cfisturbance signal, and also matched to 
frequencies between the disturbance frequencies. 

ss 3. A method as in claim 2, wherein the step of detecting includes a step of determining from detected signal powers 
at each filtered frequency whether the input signal contains only the disturbance signal, or contains the disturbance 
signal in addition to another signal. 
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4. A method as in claim 1 , wherein the step of characterizing employe an adaptive line enhancer (ALE) type of adap- 
tive Finite Impulse Response (FIR) filter to which only the disturbance signal is fed for adapting filter coefficients of 
the FIR-ALE filter. 

5. A method as in claim 4, and further comprising a step of employing the adapted filter coefficients in a non-adaptive 
FIR filter to extract the disturbance signal from the input signal also when there are other signal components 
present. 

6. A method as in claim 1, wherein input signal frames that occur during Idle frames are not compensated. 

7. A method as in claim 6, wherein during a Discontinuous Transmission (DTX) mode of operation all signal frames 
that are detected to include audible signal, except for the Idle frames, are compensated, including Comfort Noise 
Update frames. 

is 8. A method for removing a disturbance signal from an input signal that is induced by a transmitter that transmits 
bursts of energy using a frequency hopping technique, comprising the steps of: 

providing a plurality of allocatable buffers each for storing information concerning a particular frequency used 
during the frequency hopping; 

20 

computing a normalized summed square difference for each buffer to yield normalized residuals R n ; 
comparing each normalized residual R n against an adaptive threshold; and 
25 when all R n are larger than the adaptive threshold, allocating a new buffer; 

else, updating a buffer where R n is found to be the smallest and less-than the adaptive threshold; and 
incrementing an associated buffer counter. 

30 

9. A method as set forth in claim 8, and further comprising the steps of: 

periodically testing the buffer counters, and if a buffer counter is equal to or less than a threshold value, freeing 
the associated buffer for use. 

35 

10. A method as set forth in claim 8. wherein the adaptive threshold has a value that is determined using a sliding 
median filter that is updated on every occurrence of a residual R n being found to be smaller than the adaptive 
threshold. 

40 11. Apparatus for removing a disturbance signal from an input signal that is induced by a transmitter that transmits 
bursts of energy, comprising: 

a detector coupled to input signal frames for detecting those frames wherein only a disturbance signal is 
present; 

45 

a filter for deriving a disturbance signal compensation signal only when an input signal frame is detected to 
include the disturbance signal; and 

a filter for compensating the input signal using the disturbance signal compensation signal so as to remove the 
50 disturbance signal from signal frames containing voice and also from certain signal frames that do not contain 

voice. 

1 2. Apparatus as in claim 1 1 , wherein said detector comprises a bank of filters including filters matched to the funda- 
mental frequency and at least one harmonic frequency of the disturbance signal and to frequencies between the 

55 disturbance frequencies, said detector determining from detected signal powers in each detected frequency 
whether the input signal contains only the disturbance signal or contains the disturbance signal and another signal. 

1 3. Apparatus as in claim 1 1 1 wherein the filter for deriving the disturbance signal compensation signal is comprised of 
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an adaptive line enhancer (ALE) type of adaptive Finite Impulse Response (FIR) filter to which only the disturbance 
signal is fed for adapting filter coefficients of the FIR-ALE filter, and wherein the adapted filter coefficients are 
employed by said filter for compensating, which is comprised of a non-adaptive FIR filter, to extract the disturbance 
signal from the input signal. 

1 4. Apparatus as in claim 1 1 , and further comprising a detector for detecting input signal frames that occur during Idle 
frames when no bursts are transmitted for bypassing said apparatus. 

15. A method for removing a transmitter burst-induced disturbance signal from an input signal comprised of frames, 
comprising the steps of : 

sampling the input signal to detect an occurrence of frames wherein the input signal contains signal energy that 
is comprised substantially of only the disturbance signal, an occurrence of frames wherein the input signal con- 
tains signal energy that is comprised of the disturbance signal and another signal, and an occurrence of frames 
that do not include the disturbance signal; 

for detected frames wherein the input signal contains signal energy that is comprised substantially of only the 
disturbance signal, adapting filter coefficients of an adaptive filter to the disturbance signal; 

filtering the input signal with the adaptive filter during the detected frames that contain signal energy that is 
comprised substantially of only the disturbance signal; and 

filtering the input signal with a non-adaptive filter during the detected frames that contain signal energy that is 
comprised of the disturbance signal and also the other signal, the non-adaptive filter using filter coefficients 
derived from the filter coefficients of the adaptive filter. 

16. A method as in claim 15, wherein the step of sampling includes a step of filtering the input signal with filters 
matched to the fundamental frequency and at least one harmonic frequency of the disturbance signal. 

17. A method as in claim 15, wherein the adaptive filter is comprised of an adaptive line enhancer (ALE) type of adap- 
tive Finite Impulse Response (FIR) filter. 

18. A method as in claim 17, wherein the non-adaptive filter is a FIR filter. 

19. A method as in claim 15, wherein the step of adapting and the steps of filtering are not executed during an Idle 
frame. 

20. A method as in claim 15, wherein during a Discontinuous Transmission (DTX) mode of operation the step of adapt- 
ing and one or the other of the steps of filtering are executed during all frames, except for Idle frames, including 
Comfort Noise Update frames. 
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